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(54) A packet-switched-network telephone system 



(57) A telephone system is disclosed establishing a 
link over a packet-switched-network (16). such as the 
Internet between two telephone interfaces (10.20) by 
exchanging network addresses. The addresses can 
include ATM addresses to allow a virtual connection to 
be established between the interfaces. The interfaces 
exchange speech data packets of speech signals from a 
called party telephone and a calling party telephone 
over the network. An interface converts the speech sig- 
nals of the parties into the speech data packets. The 
system dynamically allocates network and interface 
resources to complete the telephone call transaction. 
The system provkfes a numb©- of enhanced calling 
services not normally avaitalile to PSTN subscribers 
including: message-delivery call-back, call -screening. 



network-camp-on, call-back-from-queue. find-me. 
meet-me-pager. calI-fon«arding. call -interrupt, call-wait- 
ing, business-dialing, automatic-call -distritxition, virtual - 
* automatic-call-distribution, speed-dial, call -transfer, 
conference-calling and network-administration. Ecfio 
cancellation is used to eliminate echoes caused by 
PSTN circuits associated with the telephones. Silence 
detection is used to enprove network efficiency by not 
sending packets when the parties are not speaking. The 
delay In the packet-switched-network is used to adjust 
the size of sound segments formed into a packet. The 
interfaces allow the system to provide end points in a 
packet-switched network that manage a telephone call 
over the packet switched network. 
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- De^Cflption 
Cross Reference to Related Applications 

[0001] This application is related to U.S. applicattons 
having serial number 08/743.793 entitled System For 
Accessing Multimedia Mailboxes And Messages Over 
The Internet Via Telephone and serial number 
08/792.136 entitled A Telephone System Integrating A 
PiMic Switched Telephone NetworK A Packet Switched 
Network And A Call Answering System and U.S. Pat- 
ents 5.029.199. 5.193,110 and 5.493.607. all incorpo- 
rated tyy reference herein. 

[0002] The present invention is directed to a system 
for placing telephone calls between two telephones 
using a packet-switched-network. such as the Inter- 
net/intranet or an asynchronous transfer mode (ATM) 
network and. more particularly, to a system that does so 
without requiring the calling party or the called party 
have special equipment, such as a computer. an6 does 
so using endpoint managers to manage the call. 
[0003] In today's puttltc telephone network, the most 
common device used is the plain old telephone service 
(POTS) analog telephone. The problem with the POTS 
telephone service is it is very limited in terms of what 
services it can offer. Private business exchanges 
(PBXs) are capable of providing extensive specialized 
calling services over a put)lic switched telephone net- 
work (PSTN), however, a telephone must be directly 
connected to the PBX as an extension. POTS is also 
relatively costly in comparison with digital forms of com- 
munication. For example, an e-mail service subscriber 
' can send an unlimited number of unlimited length mes- 
" sages at a tow fixed monthly service cost In addition, 
typical POTS service dedicates a channel between the 
calling and called parties such that when the parties are 
not talking, the bandwidth of the channel is beir>g 
wasted transmtttir^g silence. Because this dedicated 
chanr^et is being provided there is very little inc^itive to 
perform sophisticated computationally intensive aucfio 
compressk>n on the speech to more efTiciently can-y the 
speech over the channel. 

[0004] With the exptosion of the Internet and wrth the 
relatively inexpensive digital networking it affords. Voice 
Over the Internet (VOl) is quickly beconting a reality- 
Products are already availatile that provide for PC-to- 
PC voice connections (Vocaltec. et al), and recently 
there have been product announcements for Tele- 
phone-to-PC and Telephone-to-Telephone products 
(DialogicA/ocaltec. Micom). Each of these products 
requires the caller and called party to have specialized 
equipment and sut^scrtoe to an Internet service. Each of 
these products also uses a transmission txuridwidth 
equivalent to an analog voice circuit 
[0005] What is needed is a system that will allow any 
calling party to place a call to any called party using a 
packet-switched-network. such as the Internet or an 
intranet, usir^ compressed signals, thereby obtaining a 



lower cost of service. provk£r)g more efficient utilization 
of the communication t>andwidth. without requiring the - 
parties to have special eqtipment. without requiring the 
parties to sutsscrbe to an Internet service provider and 
5 which win also provide enhartced calling service to the 
parties. 

[0006] In a conventional telephone network one or 
more centralized points. typtcaSy central offices, man- 
age a telephone caQ by checking to see if the called 

10 number is an existing PSTN telephone number, con- 
necting the call, providing status information to the 
caller, such as a ringing signal, determining whether the 
called party has answered, etc. In a distributed packet- 
switched network, such as the Internet, there are no 

15 centralized points to perform such management. What 
is needed is a system that provides end point managers 
to manage a telephone call over a packet -switched net- 
work. 

[0007] In conventional telephone networks a tele- 

20 phone call is managed t>y signalling systems, such as 
SS7 switches, until the end office becomes involved in 
the call. Once the end office becomes involved the net- 
work resources needed to handle the entire transaction 
are committed until the entire transaction is completed. 

25 For example, when the called party does not answer 
and a message is to tje left on a voice message system, 
associated with the called party, the network connection 
and all network resources remain allocated to the call 
until the message is saved for the called party. What is 

30 needed is a system that dynamically allocates network 
resources as needed to complete a transaction. 
[0008] Because the packet-switched network is much 
less expensive for communication between two points, 
a system tliat automatically routes toll calls over the 

35 packet-switched network is needed to reduce the callers 
cost of communication. 

[0009] According to one aspect of the present inven- 
tion a system is provided that establishes a link over a 
packet-switched-network between two telepfione inter- 

40 faces by exchanging network addresses and performs 
speech data packet exchange of speech signals 
between a called party telephone and a calling party tel- 
ephone. The interfaces convert the speech signals of 
the parties into the speech data packets. The system 

45 provides a number of enhanced calling services not 
available to PSTN subscribers. The system also man- 
ages the call by dynamically allocating network and 
interface resources in a way that reduces network utili- 
zation. Echo cancellation is used to eliminate echoes 

50 caused by PSTN circuits associated with tiie tele- 
phones. Silence detection is used to improve network 
effiderKy by not sending packets when the parties are 
not speaking. Lengths of delays in the packet-switched 
network are used to adjust the size of sound segments 

55 formed into a packet. 

[001 0] The present invention typically provides a call- 
ing party with the ability to call a called party using a dig- 
ital packet-switched-network such as the Internet, 
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without requiring the caDed or caDing parties to have 
epedal equipment 

[001 1 ) The present invention typicafly provides tele- 
phone to telephone based, real-time, packet switched 
conversation. s 
[001 2] The present invention typically inproves voice 
channel transmission efficiency by not transmitting 
soundless portions of a teI^3hone call. 
[001 3] The present invention typically uses connec- 
tion protocols to reserve tandwidth or allocate network w 
resources for the call so that delay is minimized in the 
packet-switched-network. 

[0014] The present invention typically provides 
advanced telephone services, such as call forwarding or 
call queuing, for any telephone. is 
[0015] The present invention typically provides a 
smart, computationally powerful telephone system that 
can provide features that traditional systems, such as 
PBXs. cannot provide, such as screen based adminis- 
tration used for setting up an exclusion list to reject calls 20 
from selected calling parties. 

[0016] The present invention typically provides 
enhanced calling services to take advantage of an inex- 
pensive digital network for sophisticated communication 
between the calling and called parties. 2s 
[0017] The present invention typically performs com- 
pression and decompression of the voice signal trans- 
mitted over the packet-switched-network to reduce 
network usage. 

[0018] The present invention typically suppresses 3c- 
echo signals occurring over the network when analog 
telephone circuits having hybrid circuits are part of the 
communication path. 

[001 9] The present invention typically provides a sys- 
tem that works with hardware commonly availat^le and ss 
depfoyed today. 

[0020] The pres^ inverttion typically provides a sys- 
tem that does not require the sut^scriber to obtain spe- 
ciat equqsment such as a computer or a sinujltaneous 
voice and data modem. 40 
[0021] The present inventfon typically adjusts packet 
size of speech packets according to network delay 
[0022] The presem invention typically provides end 
points in a packet -switched network that manage a tele- 
phone call over the packet switched network while 45 
dynamk»lly allocating network resources as needed to 
complete the call transaction responsive to the service 
being provided. 

[0023] The present invention typically provides a sys- 
tem that automatically places toll calls over the packet- so 
switched network. 

[0024] These together with other advantages which 
will be subsequerrtly apparent, reside in the details of 
construction and operation as more fully hereinafter 
described and claimed, reference being had to the 55 
accompanying drawings forming a fjart hereof, wherein 
like numerals refer to like parts throughout. 



Rgure 1 aiustrates the system conponents in an 
digital network telephone cafl: 
Rgure 2 depicts the components of the system of 
the present invention; 

Figure 3 depots another embodiment for handling 
toll cans: 

Figure 4 depicts the operations that occur on a 
source skJe (platform 14) during a telephone call; 
Figure 5 depk:ts the operations tiiat occur on a des- 
tination side (platform 18) during a telephone call; 
Figure 6 depicts the operations of the Message- 
Delivery enhanced service; 
Rgure 7 depicts a Camp-On servrce: 
Rgure 8 depicts a Rnd-Me service; 
Rgure 9 depicts the system In an intracompany 
^vironment; and 

Rgure 10 illusti-ates echo cancellation. 

[0025] In a typical telephone call flow, in accordance 
with an embodiment of the present invention, a calling 
party sut>scriber using conventional telephone 10. as 
illustrated in Figure 1 . calls through a put5lic switched 
telephone network (PSTN) 12 to an originating or 
source service platform 14. The source platform 14 
answers the call with an application that asks the caller 
to identify himself (account number, pass code, etc.), or 
uses automatic number identification (AN I) from the 
PSTN 12 to identify the caller/calling party telephone. If 
necessary the source platform 14 asks the caller for the 
telephone number of the person they are ti^ying to 
reach. The source platform 14 looks up the telephone 
numl5€r in a tatjie to determine what equipment is serv- 
kang the area for the telephone number input by the 
caller. Using a packet-switched-network 1 6, such as the 
Internet that connects a system or group of platforms, 
the source platform 1 4 communicates with a destination 
platform 18 servicing the area of the called telephone. 
This communication involves identifying the called and 
calling parties, identifying the originating source plat- 
form 14, and determining real-time delay characteristics 
of the network connecting the two platforms 14 and 18. 
The two end points 14 and 18 manage the telephone 
call over the network 16. 

Once the destination platform 18 has all of the appropri- 
ate information, it places an outgoing call over the 
PSTN 12 to the nuntser or called party the caller asked 
to be dialed. The destination platform 1 8 monitors the 
outgoing call for ringing/busy/answer condition. Prior to 
the call being answered, the destination platform 18 
indicates call status to the originatng source platform 14 
and the source platform 14 can indicate the status to the 
caller such as by playing a ringing signal. When the call 
is answered via a telephone 20. the destination platform 
18 indicates this to the source platform 14. the source 
platform 1 4 stops playing ringing tones to the caller arxJ 
txjth systems t>egin the process of compressing the 
inconrting speech from their respective PSTN connec- 
tions, shipping it via packet-switched data packets to tiie 
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omerplatJorm.whae aims same time, accepting uKon^ 
ing packets from the other platfiomi. and decompressing 
the speech to play it out over ttie respective PSTN con- 
nection to the handset or telephone. 
[0026] Otffing thfe nalWng" period, each platform s 
14/1 8 (S responsit»le for performing A/D and D/A conver- 
sion of the speech fff necessary), performing errcryp- 
ttonWecryption {H desired). 

conpres^ngAdecompressing the speech, performing 
ectro canceOation of the data/signal it is outputting to the io 
respective telephone (20/10) to make sure the same 
data is not also being transmitted back to the speaking 
party. Each platform 14/18 is also monitoring the PSTN 
connection for voice energy, and is only shipping 
speech data packets containing actual speech, thus is 
avoiding the transmission of "silence." The system also 
measures network delay and sets a packet segment 
size, tjased on the delay, for the speech packets trans- 
ferred. 

[0027] The two parties (via the telephones 10/20) 20 
communicate as they normally do. until one party hangs 
up. The hang up is detected at the appropriate PSTN 
connection, and a packet is sent to the other platform to 
irvlicate the conversation is complete. Call detail togging 
is then performed (length of call, packets transmitted. 25 
etc.) for any use charges applicable. 
(00281 A more detailed discussion of how this opera- 
' tion is performed as well as the components of the plat- 
forms will be discussed later herein. 
[0029] Given the above -discussed basic call scenario. 
the foltowing exemplary enhanced calling services can 
be added: Message-Delivery. Call-Back. Call-Screen- 

* ing. Rnd-Me. Network-Camp-On. Call-Back from call in 

• 'Queue Service. Meet-Me (pager). Calt-Fonwarding. 
Can-lnterrupt^Call-Waiting. Business-Dialing. Automatic 35 
Can Distrftxjtion (ACD)/Virtual ACD. Anywhere- Speed - 
Dial. Call-Transfer, Conference-Calling, arxl Administra- 
tion via the Web. These services will be briefly 
described l>^ow and cfiscussed In detail later herein. 
[0030] Message-Delivery is a feature by which the 40 
destination platform 18 monitors the outgoing call for a 
ring-no-answer or busy condition, and returns status to 
the originating source platform 14. In the case of a busy 
condition, the destination platform 18 can immediately 
disconnect and allow the source platform 1 4 to continue 45 
interacting with the caller. In the case of ring-no-answer 
condition, the destination platform 18 must continue to 
monitor the line for an answer condition, until the caller 
decides to give up. In either case, the source platform 
14 offers the caller (calling party subscriber) the option so 
to leave a message by pressing a key of the telephone, 
such as "#". Once the caller presses the specific key. 
the destination platform 18 drops out of the call. The 
source platform 14 then prompts the caller to record a 
message, which is stored tocally on the source platform 55 
14 until the recording is complete. When the caller is 
satisfied, the source platform 14 initiates a new session 
with destinatfon platform 18 in whteh the message is 



sent to the destination platform 18 and where an outdial 
request is created on destinatkxi pfattorm 18 for'the - 
original called party telephone number. 
[0031] The source platform 14 as noted above sends 
i the message data to destination platform 18 so it is kxai 
to ttie destination platform 18 system at the tinne of ttie 
message delivery operation. The message data is then 
removed from ttie source platform 14 system. Configu- 
ration parameters stored on the de^ination platform 18 
10 determine when and how often to attempt the caDed 
party nuni>er to deliver \he message. Message Delivery 
is a useful service in particular for all of the telephones 
having answering devices (since they cannot pick up on 
a busy condition), and yet still allow messages to be left. 
15 [0032] By dropping tfie destination platform 18 out of 
the call, the network resources between ttie source and 
destination are dynanrOcally dealkx^ted. thereby freeing 
the resources for other uses. When the source platform 
14 initiates the transfer of the recorded message, tfie 
20 resources of the network needed to transfer ttie mes- 
sage are dynamically allocated to ttie transaction involv- 
ing the message delivery service. After the message is 
transferred from ttie source platform 143 to the destina- 
tion platform 18. ttie storage resources of ttie source 14 
25 are dynamically made availat»le for ottier uses while 
those of the destination 18 are allocated to message 
delivery. 

[0033] Call -Back is a feature by which the platform 1 8 
performs the Message-Delivery feature as discussed 
above, but when ttie called party answers ttie telephone 
20. during the message delivery operation, a voice 
application plays the message and altows the called 
party to press a single key (or ottien(vise indicate via 
speech recognition) to indicate tfiey wish to return ttie 
35 call to the calling party. In such a situation, ttie destina- 
tion platform 18 becomes ttie source platfomi and the 
sequence of events prevfously disctfssed are per- 
formed- In ttiis scenario, ttie nomial real-time call con- 
versation sequence occurs as outlined in the beginning 
40 of ttiis section. In ttie call -back servfoe the network 
resources are dynamically allocated to tiie return can as 
needed by ttie called party. 

[0034] Call-Screening is a feature by which ttie desti- 
nation platform 18 performs a fook-up on ttie called 
45 party's telephone number to determine if he is also a 
subscriber (a called party sut>scra>er) to the services 
offered by the system. If so. the destination platform 18 
monitors Uie outgoing line for an answer conditfon. and 
when the called party subscriber answers, ttie platform 
50 18 interacts witti ttie called party by announcing ttie 
name of the caller (H the calling party is also a sub- 
scriber and has a name announcement recorded), or 
ttie digits of the telephone number of the calling party 
are announced to the called party With ttiis announce- 
55 ment tfie called party can choose whether to take ttie 
call. During this time ttie calling party at ttie telephone 
10 continues to hear the ring-t>ack signal being gener- 
ated by source platform 14. so the caller is not aware 
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the caOed party answered Ihe phone. Rather than 
accept the call the caQed party can choose to direct the 
caner to the called part/s voice maflbox, which is resi- 
dent on ttie destination platform 1 8. to leave a message. 
Cat! saeentng dynamicaay allocates the resources of s 
the destination platform responsive to the service being 
initiated. The destinattoa or the side of initiator of the 
service (m this case the destination where the sub- 
scrft)er has sufc>scrS>ed to call screening), manages the 
service. ,^ 
[0035] Audible call screening can also be performed 
where the called party is allowed to listen to a message 
being recorded as is discussed in the disclosure entitled 
A Telephone System Integrating ... And Call Answering 
System previously mentioned. is 
[0036] The Rnd-Me service is a feature where the 
called party is a subscriber and has several telephone 
numbers where the sut>scfiber may be reached (home, 
office, car). The destination platform 18 attempts each 
of the numbers in succession, or attempts all of the 2C 
numbers at the same time, in the hopes of contactir>g 
the sul>scriber. 

[0037] Network-Camp-On is a feature by which the 
destination platform 18 monitors the outgoing line to tel- 
ephone 20 as it does normally, and in the case of a Ixjsy 25 
or ring-no-answer condition, the source platform 14 
offers a feature by which the source platform 14 will call 
the caller back when the destination platform 18 is suc- 
cessful in contacting the called party. During the net- 
work camp-on service the network resources are 3C- 
dynanrBcally deallocated when the service is requested 
and dynamically reallocated when the called party 
becomes available. When a busy or ring-no-answer 
occurs the system can also attempt to reach tiie called 
party via the Find-Me Service if it is active for the called 3S 
party. 

[0038] Call-Back-From-Call-Queue Service is similar 
to the Network-Camp-On feature discussed atx>ve. 
except it is used in the scenario where the called party 
is a service or help line that has the caller in a queue to 40 
be answered by the next available agent. Rather than 
having the calling party wait on hokJ. the destinatran 
platform 18 waits for a human being to answer the 
phone. arxJ then tells the human t>eing the customer is 
being contacted, and issues a network Call-BacK as « 
discussed atxjve, through source platform 14. 
[0039] The Meet-Me (pager) service is a feature 
where the called party is a sutsscriber arxl has a pager 
number associated with the service. The destination 
platform 18 initiates a page, and adds a record to the so 
sutjscriber database for the called party indicating there 
is a call fielding for the subscriber on source platform 
14. The called party upon receiving the page can initiate 
a call to the platform 1 8 (from anywhere), and the called 
party sut>scril>er is told, upon entry a call is hokJing, and ss 
allows the called party sutjscrtoer to accept the call. If 
the called party accepts the call, the calling party is 
taken off hold and the calling artd called parties are con- 



nected together. 

(0040] The Caa-Fdrwarcfing feature is one where the 
called party sut)scriber record on the destination plat- 
form 18 has a different number for the subscriber. The 
different number is obtained by the source platform 14 
from the destinatksn platform 18 and used by the source 
platform 14 to initiate a can. The source platform 14 
coukl either instruct the calling party the sut3scrit>er 
number has changed, or just use the different number 
without the caller's knowledge, based on the desires of 
the called party. Dynamk: allocation and deallocation of 
network and platform resources occurs during call tor- 
warding when the destination platform is released upon 
sending the source 14 the new tet^hone number and a 
new path through the network is allocated for the new 
telephone nun*er. 

[0041] Call- Interrupt is a feature where the called 
party allows a second caller to interrupt a conversation 
already occunring,over the network 12 to telephone 20. 
vymen the second caller calls telephone 20. the destina- 
tion platform 18 first checks (by looking in the subscriber 
database) to see if the called party sttoscriber is already 
on tiie line t>efore placing the outgoing call session. If 
the called party subscriber is already on the line, the 
source platform 14 gives the caller tfie option to inter- 
rupt the call (if the called party subscriber allows this to 
occur) - or to notify the called party subscriber via a tone 
or series of tones played on telephone 20 indicating a 
call is waiting for the subscriber. The subscriber can 
then press a key to accept the new call. Call- Interrupt is 
also applicat>le when someone calls the calling party. 
By not sending voice packets to the calling party during 
an interrupted call, the resources of the packet -switched 
network are released for other uses. 
[0042] In Business-Dialing a business has customer 
premise equipment (CPE) attached to the business 
PBX. The equipment provides access to the digital IP 
network 16. This access is provided t>y incorporating 
the functions of the present invention into the CPE. This 
alfows the business to avoid the expensive per-mtnute 
access charges incurred whenever a call (focal or long 
distance) is placed. This is also a savings to the digital 
IP network provkjer since it reduces the PSTN lines in 
use. 

[0043] The Automatic Call Disti^ibution (AGO) feature 
is one where a caller is put in a call queue for the called 
party subscriber (similar to the call watting feature 
described above), except the queue is managed by the 
network to make sure calls are handled in the order in 
which they arrived. Virtual ACO is a similar feature, 
except the called party sut>scr(ber has a list of phone 
numbers used to accept incoming calls, and the net- 
work chooses the next available agent to process the 
call. Note the agents can be located anywhere on the 
network 12. 

[0044] In Anywhere-Speed-Dial a calling party sub- 
scriber can have any number (typically up to 10) of 
speed dial numbers recognized by the platform 14. 
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These nunrt>efB are preprogrammed either through the 
voice application InterlaceL or via the World Wide Web 
(8ee the cfiscusston of tt t ii ii inistiati on t>ekiw). These 
speed dial nurnbers are available to the catling party 
subscriber regardless of what telephone is used to con- 
nect to platform 14. 

[0045] Can-Transfer is a feature similar to the Call 
Screening feature mentioned at>ove. however, the 
called party is allowed to input a new telephone number 
to which to transfer the caQ, and the source platform 14 
starts a new conversation using the new phone numt>er. 
Call transfer can also be used t>y either party during the 
real-time conversation to Indicate the call should con- 
tinue at another tel^hone numt>er. The packet path to 
the old destination is dynamically deallocated artd the 
path to the new destination, based on the transferred 
telephone number, is dynamically allocated in this trans- 
fer service. 

(0046] Conference-Calling is a feature by which either 
the called or cafling party can request arrother party be 
added to the call. In this case, the appropriate platform 
14/18 initiates a new connection, and reserves addi- 
tional digital signal processor (DSP) resources to tjlend 
the conversations of the parties. 

[0047] In Administration via the Web. since the entire 
network is one where the Internet Protocol (IP) is used 
to communicate between the platforms 14 and 18. http 
""servers are provided to communicate with the sub- 
scriber databases stored on the platforms 14/18. In this 
way. system administrators or erxJ user subscribers can 
maintain and manage their enhanced calling service 
features via PCs attached to the network 16. Naturally. 
" security syst^s like SSL 3 0 need to be used to make 
" sure the sutjscriber is authenticated before being per- 
mitted to make any changes. This type of admintstratfon 
significantty reduces the number of calls to t>e harvlted 
by a customer service agem. thus aBowirig the sennce 
provider to save money, tt also allows the end user sut>- 
scrit>er to exercise greater control and permits the end 
user sut>scriber to manage complex features (like call 
forwarding and speed dial numbers) that today prove 
too onerous to perform via a telephone handset Web- 
based-administration allows a sut)scrit>er to access a 
"home-page" of a service provider, such as a telephone 
company, using a conventional "txcwser" and make 
changes to the sutjscriber's database records, such as 
changing a call -forwarding telephone number or updat- 
ing a find-me telephone numt>er list. This access is like 
the access provided in the system described in U.S. 
application serial no. 08/743.793 incorporated by refer- 
ence herein. 

(0048] A platform, such as platform 14/18. has an 
architecture based on the distrftxited vdce mail platform 
described in U S. patent 5.029.199 and incorporated t>y 
reference herein. shown in Figure 2. the platform 
14/18 includes a control unit (CU) 30 which communi- 
cates with the PSTN 12 for telephone call control and 
routing. An incoming call or an outgoing call is routed 



through a digital switch 32 to form a connection 
t>6tween an application processing unit (APU) 34 per- 
forming the can pn>cessing of the platform 14/18 and 
the PSTN 12. The digital switch 32 arxl the routing con- 

5 trdby the CU 30 is not required when ports of the APU 
34 are dedicated to the telephony operation and a cen- 
tral office switch within the PSTN 12 hurtts for an availa- 
ble trunk to the /VPU 34. The APU 34, in addition to 
performing the functfons necessary to interact with the 

10 calitr^g and the called party, also performs A/D and O/A 
conversion of the speech, compresses/decompresses 
the speech, echo cancellation and silence detection. 
The digitized speech of an internet telephone call is 
transferred between the APU 34 and a network 

15 processing unit (NPU) 36 over an internal ethernet 38. 
The system can also include a high speed 1 00Mb ether- 
net connection 40 directly between the NPU 36 and 
APU 34. The NPU 36 is essentially a conventfonal IP 
router, such as available from Cisco Systems or Bay 

go Networks, through which the digital speech is routed. 
The NPU 36. as an atterr^tive. can include an asyn- 
chronous transfer mode (ATM) interface to allow direct 
operation with ATM switches in the Internet 16. Alterna- 
tively, other packet-based protocols, such as frame 

2s relay, and other packet-based networks can be used. 
The NPU 36 routes packets over a conventional virtual 
circuit through the network 16 to another remote APU in 
platform 18 and assemt>les/disassembles data packets 
of the digital speech in a conventional Internet Protocol 

sc. (IP), such as User Datagram Protocol (UDP). Each of 
the units 30 and 34 is based on a personal computer, 
such as an Intel Pentium'** 133/166 MHz processor with 
32M RAM. 4GB mirrored/redundant disk drives running 
the Microsoft WindowsNT'" operating system and cou- 

35 pled together by a 10Mb ethernet 38. such as found in 
the AccessNP'" system available from Boston Technol- 
ogy. Inc. The units also include the appropriate conven- 
tfonat interface units, such as voice modules from 
Natural Microsystems indudir^ a high speed digital stg- 

40 nal processor (DSP) and nx)dem cards, necessary to 
perform the interface function of that particular unit It is 
also possible for the APU 34 to be configured with the 
circuits necessary tor the APU 34 to perform the func- 
tions of the NPU 36. 

45 [0049] During a typical incoming telephone call to a 
platform, such as platform 14, the CU 30 of the platform 
receives the telephone number dialed t»y the calling 
party from the PSTN 12. provides appropriate 
addresses to the switch 32 and thereby routes the call 

50 from the incoming trunk to an available voice port of an 
APU 34 that includes an internet telephony application. 
The CU 30 also informs the particular APU 34 assigned 
the call the call is arriving on the available port. During 
an outgoing call, such as when the platform 18 is estate 

55 lishing a link with the called parly over the PSTN 1 2. the 
CU 30 receives a request for an asstgnmertt of an trunk 
to an availatfle APU port sirxJ comnwids the switch 32 
to provide a connection to the available trunk. 
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[0050] Figure 3 depicts another embodtment which is 
' typccalty used tor long distance tofi calls where the caller 
is charged for the individual cans. When the user places 
a ton call, such as by diafing ~r foUowed by the called 
party number, an erxl office 50 automaticaDy transfers 
the can through the PSTN 12 to the platform 14. in the 
same way that end offices transfer ton cans to a pre- 
ferred long distance provider today. At the same time, 
the calRng party telephone number and the caHed party 
telephone number are transfened by conventional sig- 
naning, such as SS7 signatting. to the CU 30. The CU 
30. in adcfition to assigning an APU 34 to handle the caU 
and controlling switch 32, supplies the assigned APU 34 
with the two telephone numbers. The APU 34 checks 
the sut>scra>er database to confirm that the calling party 
telephone number is of a sut>scrit>er. and then looks up 
the destination platform address associated with the 
called party telephone number and places the can. the 
steps of which will be described in nnore detail later 
herein. 

[0051] The internet telephony application of the APU 
34 interacts with the calling party using a conventional 
interactive response type process to obtain the informa- 
tion needed to connect the call, such as calling party tel- 
ephone numt)er. caning party identification and called 
party telephone number. Once a connection has been 
establist^ed the APU 34 samples the incoming speech 
of the calling party (or called party) and compresses the 
speech using a compression procedure, such as the 
low bit rate procedure available from DSP Group as 
TrueSpeech/H.323 and which is typically used for the 
audio portion during video conferencing (see 
www.dspg.com for detailed information atwut this tech- 
rK>logy). The APU 34 forms speech segment packets 
having the IP address of the destination then sends the 
packets over the internal ethernet 38 to the NPU 36, 
wtiich routes them over the network 16 to the destina- 
tion. During the operation for establishing a link over the 
PSTN 12 to the called party telephone 20. the APU 34 
performs a conventional out-dial process type process 
to "dial" the caHed party telephone and interact with the 
called party to establish the link The APU 34 also per- 
forms call analysis, to be discussed in more detail later 
herein, and provides the results, such as indicating the 
caned party telephone is Txisy" or has hung-up. to the 
source platform 14 for communication to the calling 
party if appropriate. For speech data arriving over the 
Internet 16. the APU 34 performs the reverse operation 
to output speech signals to the telephone 10/20 through 
the switch 32 and PSTN 12. 

[0052] Although not shown in Figure 2. the APU 34 
preferably includes echo cancellation technology, such 
as available from Coherent Communications and which 
win be discussed in more detail later herein, and located 
on the PSTN "side" of the platform 14/18 to cancel ech- 
oes produced in the 2-to-4-wire hybrid circuits of the 
PSTN 12. 

[0053] The platforms 14/18 also preferably perform a 



silence detection operation, which wUI also be dis- 
cussed in more detail later herein, and do not send 
speech packets when the parties are not speakirtg. 
ther^ conserving network resources. In this situation. 

5 the other side does not receive speech packets during a 
silent p&iod and "plays' silence to the party. 
[0(^] Several different "connection" protocols can l>e 
used to estat^lish a connection between two platforms 
over existing cfigital packet-switched-networks, indud- 

10 ing the internet protocol (IP), asynchronous transfer 
nrKXje (ATM) packet switching protocol, frame relay etc. 
The present invention can establish a connection and 
perform voice signal transfers using the Internet Proto- 
col or other protocols. However, if the platforms are on 

15 the same ATM network, it is preferable that the Internet 
Protocol be used to estatrfish the initial rendezvous, with 
the ATM protocol being used to estat^lish an ATM con- 
nection, using ATM network IDs. t)etween I/O ports of 
the platforms. Using an ATM connection provides 

2c improved delay characteristics as compared to an IP 
connection. The UDP protocol is preferatrfy used when- 
ever an ATM connection cannot be made. 
[0055] During a period of UDP packet exchange 
between the platforms 14/18. such as when the calling 

25 and called parties are talking, each side sends each 
UDP packet with a monotonically increasing packet 
sequence number. The receiving* side discards any 
packet arriving with a sequence number less than or 
equal to the packet sequence number of the packet cur- 

3c- rently playing (or which has completed playing). 

[0056] The processes discussed below with respect to 
the present invention are described for convenience 
using flow charts depicting the operations as flowing 
from one operation to another. However, the processes 

35 are preferably implemented as interrupt driven proc- 
esses. For example, during a conversation, the source 
platform 14 digitizes the speech of the sut^scrfoer and 
sends it to the destination platform 18 to t>e played to 
the caller, and when the caller hangs up. this is detected 

40 by the can nK)nitoring operation of platform 14. which 
produces a hang-up intenupt detected by an interrupt 
manager that then executes the hang -up operations. 
[0057] As previously mentioned, when a caner calls 
the platform 14. the caner selects the Internet telephony 

45 service and enters 100 a telephone number of the 
called party telephone, as depicted in Figure 4. When 
the caller has entered this destination telepfx)ne 
number, the source platform 1 4 APU (or CU) performs 
1 02 a tatrfe look-up to obtain the name or address of the 

50 destination platform 18 servicing the area of the called 
party. The destination platform 18 is known by a specific 
machine name, such as ■anp12.bostech.com." The 
source APU uses the Domain Name Service (DNS) of 
an Internet servfoe provider (ISP) to translate the 

55 machine name of the platform 22 to its IP address. The 
source APU then connects 102 (issues a TCP connect" 
using the TCP/IP) to the IP address returned by DNS. at 
a particular TCP port number (PN). The port number is 
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"hard coded" to reter to a particular service or applica- 
tion, and in this case the service may l>e cafled -Internet 
Telephony Service." using ttie IP address and port 
lumtjer (DPIPPN) of the destination platform 18. For 
exarrpte. the "http" service is (by defautt) at TCP port 
-80." The appticationteervice can t>e running on one of 
the destination APUs or on the destination CU. The 
"TPC connect" packet includes the TCP/IP address of 
the source APU. When the packet is a "TCP connecT 
packet from the platform 14 the destination platform 18 
responds with a "TCP accept" packet 
[0058] After connecting to the destination platform 1 8. 
source APU sends 106 a servk;e request packet to the 
platform 18 using the DPIPPN as the destination 
address. This packet includes the folk3wing information: 
the called party telephone number, the calling party 
sutjscriber telephone number, the appropriate security 
code for authentication of the calling party sut>scrtoef. 
the UDP address of the process on the source APU 
including the UDP port number (UPN). The destination 
platform 18 stores this IP address and port number 
(SPIPUPN). 

[0059] The destination platform 1 8 receives 200 (see 
Figure 5) the request and determines 202 whettier tiiere 
are available resources, that is. whether there is a des- 
tination APU and a destination telephone trunk availatrfe 
•to service the request. The availat^le destination plat- 
? form 18 respofxis to the service request with an indica- 
•tion packet 204 sent to the SPIPUPN indicating there 
are no resources available (NACK) for processing the 
request or responds 206 with an acknowledgement 
(ACK) including the UDP network address and port 
•-number (DPIPUPN) of an available port (or process) on 
-an available APU. The destination APU also starts 208 
an outdial operation to <fial the called party telephone 
number using the received called party telephone 
number. 

[0060] The soiree APU can indicate this can progress 
to the caller tsut otherwise waits for further information 
from the destination APU and presents or plays silence 
to the caller. 

[0061] Sutjstantially immediately after the ACK is 
sent the destination APU sends a set of test packets, 
preferably ttiree. to the source APU in rapkJ succession. 
These packets are used by the source APU to calculate 
a maximum network delay. Each of the test packets 
from the source includes a time stamp. The time stamp 
is incorporated into the reply packet sent by tiie destina- 
tion to the source. The difference in the current time at 
the source and the time stamp In the reply packet when 
the reply packet is received at the source is used to 
determine a round trip delay. The rourxJ trip delay is 
divided by two to get the one-way delay. The one-way 
delay time is stored in the source APU and also sent to 
and stored in the destination APU. 
[0062] If a NACK is received, an acknowvledgement is 
fKrt received 108 (see Figure 4) or if a "TCP accept" is 
not received within a predetermined period of tinoe. the 



source APU informs 1 10 the caDer and alfows the caller 
to initiate an appropriate enhanced servfce. such as 
l^essagMJelivery. 

[0063] Once the acknowledgement is received 108 
5 from the destinatioa the source starts sending 112 
caller-generated UDP speech packets to the destination 
using the DIPUPN as the destination address and. until 
the called party answers, the destination APU does not 
accept the packets or discards them. 
10 [0064] The destination APU. once the telephone 
number is "dialed." performs conventional call analysis 
210 (see Figure 5) on the call including detecting ring- 
ing. kHJSy. detecting a ring-no-answer, capturing the 
speech of an operator intercept of an incorrect number 
15 or malfunction, etc. and provides tiie call analysts infor- 
mation, such as a ring indication to the source. The des- 
tination APU sends 212 the status information, for 
example a ring packet to the source APU where the 
information (the ring indication) is provided to tfie caller. 
2c such as by outputing a ringing signal generated by the 
source APU. a busy signal or the fonwarded intercept 
digital speech as needed. Whenever the status remains 
the same, such as while the telephone rings, no addi- 
tional information is sent from the destination to the 
25 source and the source APU provides 1 14 the appropri- 
ate information (ringing in this example) to the caller. 
Note when there is an event, such as a busy or ring-no- 
answer, that can be used to b-igger an enhanced serv- 
ice, the source APU provides the caller appropriate 
so options as discussed later herein in detaH. Also, when 
an operator intercept is detected during caU analysis, 
such as when a wrong number is dialed, a packet is sent 
to ttie source foltowed by a connect as discussed 
below, so the intercepted speech can be sent to ttie 
35 source. 

[0066] When the called party answers 21 4. ttie desti- 
riation APU sends 216 a call connection packet to the 
source APU. The source APU can then initiate a tMlling 
went rf appn^jriata The connection packet is inwnedi- 
40 ately foltowed by beginning 218 to reconj and send 
speech packets of the called party to the source APU 
using the SIPUPN and ttw destination APU begins play- 
ing ttie speech packets received from the source APU. 
The source APU. when it receives 1 16 the call connect 
45 packet, also begins 118 playing received called party 
speech packets and continues recording and sending 
speech packets of the caller. This begins a perkxl of bi- 
directional digital speech UDP packet transfer where 
ttie source and destination APUs capture speech sig- 
50 nals and send speech packets as well as play received 
speech packets. 

[0066] During the call set-up. if speech packets are 
received from the destination before the 'TCP connect- 
or before ttie acknowiedgement the present invention 
55 performs ttie conned status change and begins speech 

transfer. 

[0067] During the t)i-directional speech transfer 
period, speech samples are conventionally compared. 
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m the APU. to an energy threshold (tnduding amp&tude 
aixf time factors) below which the sample is considered 
to represent silence. If the sample is below this thresh- 
old no speech signal is transferred. In this way the net- 
work is not used for speech data transfer except when 5 
the parties are actually speaking. In this situation, the 
other side does not receive speech packets during a 
sUertt period and 'plays* silence to the party. The 
silence detection operation preferably has a very short 
silence-to-energy detection threshokj period (<5ms) to ic 
insure all the speech of the parties is captured and there 
is little or no speech clipping. The operation preferably 
has a relatively long energy-to-silence detection thresh- 
old period (>500ms). By meeting these criteria, comput- 
ing resources are not wasted fGpping back and forth is 
between energy/silence. Several tiireshoWs are prefer- 
ably provided to allow distinguishing between different 
types of events, such as silence and a constant energy 
dial tone produced when a party hangs up. as well as to 
allow adjustments to occur when a telephone trunk is 20 
particularly rx}isy and would result in speech signals 
being transferred when the speaker is really silent or 
when a speaker speaks very quietly. 
[0068] The segments of sourxJ digitized and formed 
into a packet are preferably as small as fxjssible. How- 25 
ever, making a packet as small as 5 milliseconds (ms) of 
sound results in excessive addressing data overhead. A 
20ms segment is an appropriate fixed and minimum 
sound segment size for a packet. A 20ms SF>eech seg- 
ment results in about 20 bytes of speech data which 30 
when combined with the 32 bytes of U DP-IP header 
data results in a packet with an overhead of over 50%. 
Preferat^y, the sound segment size of the packet is 
adjustatjie rattier than fixed. The maximum delay deter- 
mined during the initial call setup is used to adjust the 35 
size of the packets. The maximum delay is multiplied t>y 
1.5 to obtain the segment size. If the network delay 
changes during the call, the sound segment size of the 
packet can be acQusted accordingly. 
(0069] As the telephone call proceeds, the source and 40 
destination APUs monitor the energy of the trunks of the 
caller and called parties. When a hang up is detected 
120/220 based on signaling from the PSTN, such as a 
ground start signal, the APU detecting the disconnect 
say the destination APU. serKls 222 a disconnect call 45 
packet to the other APU. The disconnect call packet is 
sent to particularly distinguish silence, when no data is 
being transferred," from an actual disconnect The 
source APU terminates the l>illing event stores the bill- 
ing record and responds 122 with a disconnect sc 
ackrKJwIedgement packet Both APUs stop 124/224 
sampling, release their respective trunks (go on-hook) 
when the party hangs-up and indicate to the CU they 
and the fa-unks are availatjie while the APUs terminate 
the virtual link between the platforms. ss 
[0070] If the calling party does not hang up after a 
period of time after the disconnect, the system can play 
a prompt to the calling party to start another can or 



some other service. 

[0071] ft is possUe for the caOed party telephone to 
have an enhanced service, such as can screening, (n 
such a situation, the can connect process previously 
discussed is not initiated until the destination APU has 
performed the call screening process to allow the caRed 
party telephone to t>e used to accept or reject the call 
from the calling party telephone. During such screening 
tiie caller receives a ringing signal initiated by the call 
analysis. If the caUed party refuses the call, the destina- 
tion APU can immediately issue a disconnect to con- 
serve network resources, with the source APU either 
corrtinuing to play a ringing signal to the caller or provid- 
ing a refusal message and prompting the caller to allow 
a message to be saved and delivered, such as 
described below. 

[0072] The enhanced calling service called Message- 
Delivery typically is effective when the called party does 
not have a voice mail service or an answering machine. 
Message-Delivery, as depicted in Figure 6, starts with a 
call analysis operation that detects a txjsy (or ring-no- 
answer "RNA"). A Ixisy packet is forwarded 240 to the 
source APU wfiich plays 140 a txjsy tone to the caller. 
The platforms also proceeds tiirough the call disconnect 
phase previously discussed to stop the sending of 
speech packets from the source platform 14 to the des- 
tination platform 18. At this time a prompt is overlaid on 
or multiplexed 142 with the busy tone (which Ixjsy tone 
is provided at reduced volume). The prompt asks the 
caller if the caller would like to leave a message for the 
destination. If the caller hangs up, or if the caller does 
not accept 144 ttie Message-Delivery Service, the trunk 
is released 146. If the caller accepts the service, a mes- 
sage is recorded 148. Once the entire message is 
recorded, including allowing the caller to change the 
message, etc. and indicate the message is to be sent, 
tiie source APU fonvards 1 50 the entire message to the 
destination APU using the DPIPPN with a request to 
deliver the message In doing this the source APU 
estat)lishes a TCP/IP connection with the destination 
APU and conventionally transmits the message. The 
destination APU performs 242 a conventional outdial 
process to provide the message to the called party. 
When the called party receives the message, the desti- 
nation APU sends 244 a completion message packet to 
the source APU. This packet can l>e used to bill for the 
message delivery or inform 152 the caller the message 
was received. Of course, if the message cannot be 
delivered within a predetermined period of time or the 
called party telephone has call screening and the called 
party does not accept the message, a failure message 
describing tiie problem can be provided to the caller. 
[0073] During a ring-no-answer situation, after a ring 
indication has t>een received by the source platform 1 4 
from the destination platform 18 and after a predeter- 
mined period of playing a ring signal (say 24 seconds) 
to the caller, a ring-no-answer prompt is played to the 
caller via the source APU overlaying the ring signal 
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' whae the destination APU continues to monitor the 
caned party telephona The nng-no-«iswer prompt asks 
the catler it the Message-Delivery Service is to be initi- 
ated, tf the cafled party does not answer and the caDer 
accepts the Message-OeTtvery service, the source APU 
initiates a cfsconnect followed by message reoorc£ng 
148 and defivery 150 as previously discussed. H, how- 
ever, the called party answers, as deeded by the call 
analysis process, before the caHing party accepts the 
Message-Delivery service, the destination APU sends 
216 a can connect packet the connect is recognized 
116 and the caller and called parties are connected 
118/218 and the message delivery service is discontin- 
ued. 

[0074] In the Call-Back service, the sender of the mes- 
sage can indicate the receiver of the message can call 
the message sender back after the message is 
received. This facilitates urgent corrmrajnicalKHi. In this 
situation, the message forwEirded in step 150 also 
includes a command packet initiating the Cad-Back 
service in the destination APU This command includes 
the telephone nunrt>er of the onginal calling party. When 
the called party has received or listened to the message 
played via the Message-Delivery service noted atxTve. 
the destination APU plays a prompt asking if the called 
party wishes to return the call. If the called p>arty at the 
destination APU accepts, the destination APU initiates a 
'^call by starting with the look-up step 102 depicted in Fig- 
ure 4- The return call proceeds as is depicted in Rgures 
4 and 5. 

[0075] The Network Camp-On service starts with a 
busy detection t>etng transmitted 240 to the source APU 
"sind a prompt 142 being played to ttie caller. The prompt 
' Ns similar to the previously-descrft>ed prompt for Mes- 
sage-Delivery, but the Network Canp-On promf^ asks 
the caller if the caSer would like to camp-on tfie line until 
the called party answers. When the servk:e is accepted 
160 (see Figure 7). the caller can t>e aHcwed to record 
162 a t>ri6f message or a name announcement. Once 
tf^ recortfir^ is completed, the system sends 164 a 
camp-on request which includes the name announce- 
ment, to the destinatkm APU. When this request is 
received and acknowledged 250. the destination APU 
initiates a cGsconnect. as previously discussed. If the 
line becomes unbusy while the Camp-On is being proc- 
essed and t>efore a disconnect is started by the destina- 
tk>n APU. the system puts the connectk)n through 
starting with step 216. as previously discussed, and the 
camp-on process is terminated at the source and desti- 
nation. After the disconnect has occurred, at periodic 
intervals the destination APU performs an outdial oper- 
ation 254 to caU the called party. When call analysis 
detects an off -hook or answer 256. the destination APU 
plays 258 a message, which can include the name 
announcemerrt recorded by the caSer. asking the called 
party to ftokt wttile the caU is connected to the calling 
party. The destinatk>n APU initiates a call by starting 
with the k>ok-up step 102 of Figure 4 using the calling 



party number provided 106 in the request for service. 
[0076] During the Cafi-Back-From<}ueue.8ervk:e the 
caller has. for example, called a hetp service and been 
put in a queue to otjtain service from the next availatsle 

5 service provider or agent The caller in this situation can 
initiate tfvs service by depressing a selected key on the 
callus telephone. Once tfie caller has selected the 
service, the destination APU is informed, by a cafl back 
queue packet the call is to be disconnected tfvough the 

10 network 16. as prevknisly discussed. The destination 
APU continues to monitor the called party trunk using 
conventional call analysis and each time the destinatk}n 
APU detects speech, the destinatkm APU plays a 
prompt requesting the called party enter a digit 

15 sequence, such as *#1 *, to speak to the caller. The sys- 
tem, once the digK sequence is detected, initiates a con- 
nect back to the caller, such as previously discussed, by 
starting with step 102 of R^re 4 using the calling party 
numt^er. It is also possflale for the system to use speech 

2C recognition technology to recognize the called party has 
now answered arxl perform the call back responsive 
thereto, 

[0077] The Find-Me servk;e requires the called party 
telephone be a subscriber to the packet-switched-net- 

25 work telephone service. The destination APU. as 
depicted in Figure 8. when the request is received 200 
from a source platform and after a table kK)k-up deter- 
mines 270 the called party is a find-me service sub- 
scriber, sends 272 a service class indicator to the 

30 source where the source APU can play a message to 
the caller indicating the system will be trying several 
numbers to reach the called party and. if desired, allow 
the caller to hang-up. If the caller continues with the call, 
the destination APU repeats the outdial process 274 for 

35 each of the numt>ers stored for the called party perform- 
ing call analysis, alkiwing 276 the called teleptK>ne to 
ring a predetermined number of times before hanging- 
up and dialing the next number. When the called party 
answers the connect operation (216) previously cfis- 

40 cussed is performed. If the end of the list is reached 
278. a ring-no-answer packet is sent to the source APU. 
[0078] The Meet-Me pager service requires the called 
party subscribe to a pager service and the destiriation 
APU to recognize this via a look-up, such as step 270 in 

45 the Rnd-Me service (see Rgure 8). When the called 
party does not answer, the destination APU sends a 
"class of service" indicator to the source platform, as in 
step 272. where a prompt is played asking the caller if 
the called party should be paged. If the caller accepts 

50 the service, the source APU sends a page request 
packet to the destination APU to request the page. The 
desttnatk>n APU outputs the page request with a spe- 
cific return telephone numt>er (such as of the destina- 
tion platform) and can also send a page identification 

55 code. The destination APU then initiates a disconnect to 
conserve network resources. When the paged party 
calls the specific telephone number, the destination 
APU ascertains the caller is the party paged by request- 
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ing the paged party to enter the page identification 
code, or if such a code is not used, by entering an 
account nunxt)er and passcode. Once the paged party 
is identified, the destination APU plays a message indi- 
cating the caO is being connected axJ stmuttaneousty 
performs a connect operation to the source APU by 
sending 216 a call connect packet The caning party and 
the paged party are connected and the call corrtinues 
1 16/218 as previousfy discussed. If the caller hangs-up 
before the paged party responds, the source APU 
informs the destination APU the caller has dropped the 
request When the paged party calls the specific 
number, the destination APU responds to the paged 
party with the option of calling the caller back as occurs 
in the Cafl-Back service. 

I00T9] In the Call-Fbrwvarding service, the source APU 
attempts to establish a call to the called party using a 
telephone number that unknown to the source APU. 
has t>een forwarded to a different number. The destina- 
tion APU. when it receives the service request recog- 
nizes the number has changed using a kx5k-up 
operation like in step 270 and responds to the source 
APU with a call fon^vard indicator packet and the new tel- 
ephone nunf4>er. The source APU can inform the caller 
of the delay if desired. The source APU then starts a call 
connect process as if the caller had just entered this 
new numt>er by performing the lookHip 102. etc. neces- 
sary to establish a call to the new nunt>er. 
10080] In the Call- Interrupt/Call -Waiting service, when 
the sutjsaiber calls the platform to obtain service, the 
platform records the sutjscriber's telephone is in use 
using the platform. When a destination platform 18 
receives a service request prior to starting the outdial 
208 for the telephione nurrber, the destination APU 
checks the suljscriber database in the CU to determine 
if the sut>scriber telephone nurvber is currently in use. 
When the called party telephone is in use and the called 
party telephone has suiTscribed to the service, the des- 
tination APU sends a call progress indication to the 
source indicating there is a call in progress by the called 
party. The source APU plays a pronpt to the caller indi- 
cating the called party telephone fe in use and request- 
ing the caller indicate whether the call should toe 
intenupted. or whether the caller wants to hold or leave 
a message. The response of the user is relayed to the 
destination APU alkwving the destination to disconnect if 
a message is being taken, play an Interrupt tone and 
message to the called party if an interrupt is to occur or 
play a call -waiting tone if the user is waiting. The called 
party can accept the interrupt or switch to the waiting 
call by entering a code in the telephone. When the code 
is recognized by the destination APU monitoring the 
call, the destination APU. if the line is being using for 
another call, discontinues sending speech packets to 
the other k>cation. discontinues playing speech packets 
from the other location and sends 216 a connect to the 
source and the call is connected as previously dis- 
cussed. When the interrupting call is finished by the 



rece9>t of a hang-up packet from the other location or 
the entering of a switch back code by the caDed party, 
the exchange of speech packets with the other locatiori 
continues. If the caDed party was involved in another 
5 operation, such as pertorming mailbox administration, 
the operation continues, tt is also possible to bridge the 
two cans using a different code so all parties receive the 
speech packets creating a confererK:e can, 
[0081 1 In the Automatic-Call-Oistribution (AGO) or vir- 
10 tual ACD service, the caHer source address is placed in 
an ordered queue in the destination APU with the desti- 
nation APU sending an indication of the entry into the 
queue to the source APU where a conesponding mes- 
sage is played to the caller. Traditionally, the caller 
15 remains in the line until an agent becomes available, 
however, it is possible to provide a call-back when the 
agent becomes available. The destination APU moni- 
tors call progress for multiple service personal or agent 
telephones and initiates a connect (216) between the 
20 first availatrfe agent and the caHer at the top of the 
queue. The call progresses as has been previously dis- 
cussed. In virtual ACD. the called party has agents 
located at different points in the packet -switched net- 
work 16. each with a different telephone number. When 
2s an agent signals to the agents APU that the agent is 
available for the next call, the agents APU accesses the 
queue and obtains the next caHer from the list including 
the IP address and port of the caller, and issues a con- 
nect directiy to the caller. Once the connect occurs the 
SC' agent and the caller talk, if the agent actually discon- 
nects from the agents APU and frees up the APU port, 
the agent should be required to go through an authenti- 
cation process to be revalidated as an agent. Because 
the connect is initiated by the agent's APU. the agent 
35 can be located anywhere on the packet-switched net- 
work. 

[0082] In the Anywhere-Speed-Dial service, the 
source platform (typically on the CU) maintains a list of 
telephone numbers tor the subscn*ber. When the sub- 
40 scriber calls the source APU. from any telephone, and 
enters the speed dial code and number indicator, the 
APU accesses the list and obtains tiie conplete numl>er 
and then starts the process with the look-up step 102 
discussed with respect to Figure 4. 
45 [0083] In the Can-Transfer service, when a transfen-ing 
partyt. say party 2.) (either a calling or called party) initi- 
ates a transfer operation, the APU. whether it is the 
source or destination APU. stops outputting (playing) 
the speech from the party, say party 1 . to be transferred 
so and stops sending speech signals to the party 1 . essen- 
tially putting the party 1 on hold. 

[0084] In the situation where the fa-ansferring party 
(party 2) does not want to speak with the party, say 
party 3. to whom the call is Ijeing b^nsferred. what is 
55 called a Wind transfer, the party 2 APU sends the tele- 
phone number and a b-ansfer command to the ti-ans- 
fen-ed party I s APU The party 1 APU initiates a 
disconnect with party 2 and starts a new call by per- 
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* tormipg a kx>k-up 102 and requesting a connection to 
the party 3 to whom the caB is being transferred. 
[0085] tf party 2 desires to speak with the party 3 to 
whom the caH is to be transferred prior to the actual 
traroler. which is caOed a monitored transfer, after send- 
ing esserttiatty a park command to party 1 so the party 
1 APU Stops sending speech packets and stops expect- 
ing to receive speech packets, party 2 APU starts a nor- 
mal call to party 3. After a connection is made and party 
3 incficates the transfa^ is acceptatsle. party 2 indicates 
the transfer is to take place. The party 2 APU sends the 
party 3 APU the IP address and port monber of party 1 . 
The party 2 a»so initiates a disconnect with party 3. 
Party 3 then initiates a connect with party 1 using the IP 
address and port recaved from the party 2 APU Upon 
receipt of the connect the party 1 APU starts packet 
excfiange with the party 3 APU and the parties start 
talking. 

(0086] If party 3 does not accept the call and hangs up 
or if party 3 does not answer, the party 2 APU issues a 
connect to the party 1 APU and the conversation 
t>etween party 1 arxl party 2 resumes. 

' [0087] During the Conference-Calling service, calls 
are connected t>etween aH the p>artie5 so each APU 
exchanges speech packets with all the APUs involved in 
the conference. In the original configuration, party 1 is 
talking with party 2 and party 2 initiates the conference 

''with party 3. To establish the connection to party 3. the 
p»arty 2 APU discontinues the transfer of speech packets 
to party 1 and initiates a call to the party 3 by starting 
with the step 100 of inputting a new teleptrone number. 
When party 2 fias affirmed party 3 is to become 
involved in the conference, the party 2 APU sends the 

- IP address and port number of party 1 to the party 3 
APU. the party 2 APU also sends the IP address and 
port number of party 3 to the party 1 APU. The party 3 
APU begins sending speech packets to and accepting 
speech packets from both party 1 APU and party 2 
APU. and the party 1 APU begins sending speech pack- 
eta to and accepting speech packets from both party 2 
and party 3. The party 2 APU also sends to and 
receives from the party 1 and party 3 APUs. A bi-direc- 
tional data stream is theretjy established between each 
party of the conference call. Each APU is thus responsi- 
tMe for combining the speech signals from IP addresses 
for which it has received a conference connect com- 
mand for each party of the conference using a conven- 
tional voice signal combination scheme, such as 
averaging, and is responsible for sending the speech 
packets of the caller associated with the APU to the 
other APUs of the conference call. 
[0088] The Business -Dialing service requires a txjsi- 
ness scattered over a geographical area to have plat- 
forms 310/312 (or at least the network interface 
(APU/NPU) subset of a platform) associated with or part 
of the PBXs 313/314 at the business kx^ations. as illus- 
trated in Figure 9. When a caller within the txisiness has 
dialed a number, the PBX system, say 313. looks-up the 



number in a network database or routing tatsle to deter- 
mine whether a packet-switched network caO can be 
placed instead of a PSTN caO. When the called party 
has a network number, the call is transferred to the plat- 

5 fc>rm 310 and the process of Figure 4 is performed to 
place the can to the other business locatkin of the com- 
pany over the packet-switched-network 1 6. The network 
interface 312 at the destination provides the can to the 
destination PBX 314 just as ttie destination APU pro- 

10 vides the call to the PSTN to call the destinatk)n tele- 
phone as described with respect to Figure 5. That is, the 
destination PBX 314 receives a call from the APU just 
like a call from the PSTN 12 and connects the call to the 
called party telephone just as it vwxrtd a call received 

15 over the PSTN 12. Each PBX in such a network is 
required to include one or more telephone trunks for 
connection to the network interface. This type of system 
saves the access charge levied by the local telephone 
companies. 

20 [0089] The above-descriptkjn is of some of the special 
services that can t>e provided over the Internet. Other 
services can of course be provided. 
[0090] Echoes are typically caused by the analog cir- 
cuits (hybrids) in cfiannel banks and other telephone dr- 

25 cuits for voice cfiannels. For example, circuits 
associated with a destination telephone typically reflect 
an echo of source speech back to the source. It is 
important to perform echo cancellation as dose to the 
source of the echo as possible, because, the larger the 

30 delay between the generation of an echo signal and the 
cancellation, the greater the anriount of signal informa- 
tion it is necessary to conpare. In the present invention 
the echo cancellation is preferably performed in the 
DSP of the APU 34 on the line side for echoes reflected 

35 from the PSTN side. In the system of the present inven- 
tion, as illustrated in Rgure 10. an appTtcation transmit 
txiffer 330 in the APU provides an outgoing speech sig- 
nal to a transmit CODEC 332 that produces PCM sig- 
nals transmitted and provided to an echo canceOatfon 

40 urdt 334. The receive signal is processed by the caricel- 
iation unit 334 to renrave the echo t>6fore it is supplied 
to a receive CODEC 336. which supplies the receive 
application buffer 338. The present inverrtion uses echo 
cancellation technology available from Natiffal Micro- 

45 systems. An energy detector 340 is also provkJed to 
allow the APU to stop sending speech data when there 
is no speech signal to be processed by the APU. 
[0091 ] The present invention has been described with 
respect to making an "IP connection" between the 

50 source and destination using TCP/IP and UDP As pre- 
viously discussed the IP connection is made using an IP 
address and IP port of lx)th the source and destination. 
It is also possit>le to establish calls using asynchronous 
transfer mode (ATM) switching. 

55 [0092] The present invention has been described with 
respect to estat)(ishing a telephone call over a packet- 
switched network, such as the Internet however, it is 
possitile for the call to be established over other types of 
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packet-switched networks, such as an intranet The 
invention can also be used with the enierging standards 
Ctncorporated herein by reference) being devetoped for 
the tntemet such as K323. H.245 and T120 to allow 
the can to be a videophone call and aUow easier caU 5 
conferencing, and with emerging protocols fmcorpo- 
rated by refererKe herein), such as RSVp whk:h allows 
the reservation of resources tor a desired level of serv- 
ice quality, and RTP and RTCP. wtuch enhance the 
timeliness and synchronization of the packets. 10 
{0093] The present invention has been described as 
requiring the caller to interact with the source platform to 
set up the call by inputing the called party telephone 
nunt>er. However, just as king distance telephone calls 
are routed to different carriers deperxiing on the carrier is 
selected by the caller, it is possible for a central office 
switch to route all long distance telephone calls from a 
particular telephone to a packet -switched -network call- 
ing platform and place the call over the packet -switched- 
network automatically and transparently. 20 
[0094] The present invention has also been described 
with respect to conducting telephone calls between par- 
ties using conventional telephones. The invention is 
also applicable to a situation where one of the parties to 
a call is placing the call via a computer, such that a sub- 2s 
scrtoer accessing the platform over the internet using a 
browser can "telephone" another irxiividual conversing 
using a telephone. ' 

Claims sc 

1. A telephone system, conriprising; first and second 
telephones; 

a packet-switched-network: and 55 
first and secorxj interface conversion units cou- 
pled to said packet-switched-network and 
respectively to said first and second tele- 
phones, said units exchanging speech data 
packets over said network and converting 40 
packets into speech signals arxj speech sig- 
r\als into packets and dynamk^lly allocating 
resources of said packet-switched-network as 
needed to complete a telephone call transac- 
tion. 45 

2. A system as recited in claim 1. wherein the 
resources of said first and second interface conver- 
sion units are dynamically allocated to complete 
said transaction. 50 

3. A system as recited in claim 1 or 2. wherein said 
first and second interface conversion units 
exchange network addresses used for exchanging 

the speech data packets. 55 

4. A system as recited in any of the preceding claims, 
wherein said first interface conversion unit deter- 



nwes a network address of said second interface 
oonverston urvt using a telephone numt>er. 

5. A system as recited in claim 4. vvherein said first 
interface conversion unit transmits a packet 
switched n^essage to a said second interface con- 
version unit inducfing a network address of said first 
interface conversion utvt 

6. A system as recited in claim 5. wheran said second 
intertace conversion unit replies to said request with 
an asynchronous transfer mode network address 
and said first and second interface conversion units 
establish a virtual connection over said packet- 
switched-network. 

7. A telephone system, comprising: 

first and second telephones; 
a packet-switched-network; and 
first and secorxf interface conversion units cou- 
pled to said packet-switched-network and 
respectively to said first and second tele- 
phones, said units exchanging speech data 
packets over said network, converting packets 
into speech signals and speech signals into 
packets, and compressing the speech signals 
pM-ior to conversion into speech data packets. 

8- A telephone system, comprising: 

first and second telephones; 
a packet-switched-network; arxl 
first and second interface conversion units cou- 
pled to said packet-switched-network and 
respectively to said first arxl second tele- 
phones, said units exchanging speech data 
packets over said network and converting 
packets into speech signals and speech sig- 
nals into packets arxJ provkling entranced call- 
ing services including one of: message- 
delivery, call-tsack. can-screening, network- 
carnp-on. call-back-from-queue. f ind-me. meet- 
me-pager. call -forwarding, call -interrupt, call- 
waiting. Ixjsiness -dialing, automatic -call-distri- 
bution, virtual-automatic-call-distritxition. 
speed -dial, call-transfer, conference-calling 
and network-administration. 

9. A telephone system, comprising: 

a telephone; 

a packet-switched-network; and 
an interface conversion unit coupled to said 
packet-switched-network and to said tele- 
pfione. said unit converting speech signals 
from said telephone into speech data packets, 
transmitting the speech data packets over said 
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network and converting received speech pack- 
ets received over said network into speech sig- 
nals supplied to said telephona 

10. A telephone system, comprising: 5 

a switched telephone network: 
first and second telephones connected to said 
switched telephone network; 
a packet-switchecJ-network; 'o 
a first interlace conversion unit coupled to said 
packet-switched-network and to said first tele- 
phone, said first unit exchanging speech data 
packets with said packet-switched-network and 
converting data packets into speech signals is 
and speech signals into data packets, said first 
unit comprising: 

a first digital switching system coupled to 
sakJ switched telephone network and rout- 20 
ing a telephone call from said first tele- 
phone: 

a first application processing unit coupled 
to said digital switching system, receiving 
the routed telephone call, interfacing with a 2s 
caller to identify a called telephone 
number, determining a packet switched 
called address associated with the called 
telephone number, and converting speech 
signals to and from speech data; and 5c- 
a first network processing unit coupled to 
said packet-switched-network and said 
first application processing unit, converting 
the speech data into data packets, trans- 
mitting the data packets to the address. 35 
converting received data packets into 
speech data provided to said f ffst applica- 
tion processing unit; and 

a second interface conversion unit coupled to 4o 
said packet-swrtched-network and to said sec- 
ond telephone, said second unit exchanging 
speech data packets with said packet- 
switched-network and converting data packets 
into speech signals and speech signals into 45 
data packets, said first unit comprising: 

a second digital switching system coupled 
to said switched telephone network and 
routing a telephone call to said second tel- so 
ephone; 

a second application processing unit cou- 
pled to said digital switching system, call- 
ing the called telephone number and 
.converting speech signals to and from ss 
speech data: and 

a second network processing unit coupled 
to said packet-switched-network and said 



secorxJ application processing ur^ con- 
verting the speech data into data packets, 
transmitting the data packets to the f irst 
network processing unit converting 
received data packets into speech data 
provided to said second application 
processing unit 

11. A telephone system, comprising: 

first and second telephones; 
a packet-switched-network; and 
first and secorxl interface conversion urtits cou- 
pled to said packet-switched-network and 
respectively to said first and second tele- 
phones, said units dynanwcally allocating 
resources of said packet-switched network as 
needed to complete a telephone call transac- 
tion, exchanging speech data packets over said 
network, converting packets into speech sig- 
nals and speech signals into packets and per- 
forming echo cancellation associated with the 
conversion. 

12. A telephone system, comprising: 

first and second telephones; 
a packet-switched-network; and 
first and second interface conversion units cou- 
pled to said packet-switched-network and 
respectively to said first and second tele- 
phones, said units exctianging speech data 
p)ackets over said network, converting packets 
into speech signals and speech signals into 
packets and performing echo cancellation 
associated with the conversion, said conver- 
sion units comprising a speech signal silence 
detector and the converting off speech signals 
into packets is resportsive to said silence 
detector. 

13. A telephone call method, comprising: 

dynanrucaily altocating packet-switched net- 
work resources as needed to complete a tele- 
phone call transaction; 

convertir^ speech signals from a calling tele- 
phone into calling party speech data packets; 
transmitting the calling party speech data pack- 
ets to a called party destination using the 
packet-switched-network; arxl 
converting the calling party speech data pack- 
ets into called party speech signals. 

14. A method as recited in claim 13, further comprising 
providing the called party speech signals to a called 
telephone. 
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15. A nielhod as recited in claifn13 or 14. further com- 
prising exchanging packet-switehed-netwofk 
addresses associated with the caller and called tel- 
ephones. 

5 

16. A m^hod as recited in any of claims 13 to 15, fur- 
ther comprising estat^Gshing a virtual circuit over 
tfie packet-switched-network. 

17. A telephone caO method, comprising: converting io 
speech signals from a calling telephone into calling 
party speech data packets when the speech signals 
are above a speech signal threshold; transmitting 
the caUing party speech data packets to a called 
party destination using a packet-switched -network; rs 
and converting the calling party speech data pack- 
ets into called party speech signals. 

18. A telephone call method, comprising: converting 
speech signals from a calling telephone into caUing 2C 
party speech data packets; transmitting the calling 
party speech data packets to a called party destina- 
tion using a packet-switch ed-network; 

converting the calling party speech data pack- 25 
ets into called party speech signals; and 
determining a network delay and adjusting a 
sound segment size of the data packets 
responsive to the delay 

so 

19. A method as recited in claim 18. wherein the size 
comprises 1 .5 times the delay 



20. A telephone system, comprising: 

first arxJ secorxj telephones; 
apacket-switched-network; and 
first and second end points cot^led to said 
packet-switched-network and respectively to 
said first and second telephones, said end 
points managing a telephone call between said 
first and second telephones over said network. 

21. A telephone system as recited in claim 20. wherein 
said end points comprise means for providing 
enhanced calling services including cMie of: mes- 
sage-delivery call-back, call-screening, network- 
camp-on. call-back-from-queue. find-me. meet-me- 
pager, call -forwarding, call -interrupt, call-waiting, 
business-dialing, automatic-call-distribution, vir- 
tual-automatic-call-distribution, speed-dial, catl- 
transfer, conference -calling and network-adminis- 
tration. 

22. A telephone call method, comprising: 

managing a telephone call over a packet- 
switched network between source and destina- 
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tton end points. 

23. A method as recited in daim 22. wherein said man- 
aging provides enhanced calling services including 
one of: message-delivery, call-back, can-screening, 
network-canp-on. call-back-from-queue. find-me. 
meet-me-pager, call-fonwarding. call-intemjpt caB- 
waiting. business^ialing. automatic-call-distribu- 
tion. virtual-automatic-call-distribution. speed-dial, 
call-transfer, conference -calling and network- 
administration. 

24. A method as recited in claim 22 or 23. wherein said 
managing comprises: 

initiating a packet-switched packet communica- 
tion between the end points; and 
performing packet communication between the 
end points to establish a call between the end 
points. 

25. A method as recited in any of claims 22 to 24. 
wherein said managing comprises: 

initiating a packet -switched packet communica- 
tion between the end points: and 
performing packet communication between the 
end points to establish an enhanced telephone 
service between the end points. 

26. A method as recited in any of claims 22 to 25. 
wherein said managing comprises dynamically 
allocating network resources as needed to com- 
plete a telephone call transaction. 

27. A method as recited in any of claims 22 to 26, 
wherein said managing comprises dynamically 
allocating end point resources as needed to com- 
plete a telephone call transaction. 

28. A telephone system, comprising: 

first and second tel^hones; 
a network; and 

first and second interface conversion units cou- 
pled to said network and respectively to said 
first and second telephones, said units 
exchanging speech data packets over said net- 
work, converting packets into speech signals 
and speech signals into packets, and dynami- 
cally allocating resources of said network and 
said units as needed to complete a telephone 
call transaction. 
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